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functions. Further, the invention permits selection of musical pieces, by a user, either from a 
library in which musical pieces are stored as compressed musical files, MIDI files or other 
similar types of files, from pieces recorded from the output of a radio receiver, or from pieces 
that are composed in a pseudo-random fashion using a synthesizer function to play original 
5 musical pieces. 

Thus, the present invention provides for selection according to a pre-selected musical 
style, in a pseudo-random fashion or according to a pre-defined criteria, of audio files to be 
played from a speaker, wherein the audio files meet the pre-defined criteria and are either 
extracted from the library or generated by an automatic composition function. Further, the 
10 recording of or the automatic generation of sentences that mimic the speech of a "disc-jockey" or 
of an announcer permits combination of speech passages with the musical pieces being played, 
thereby giving the user the illusion that he is listening to an actual radio station. 
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Brief Description of the Drawings 

The above objects and other advantages of the present invention will become more 
apparent by describing in detail the preferred embodiments of the present invention with 
5 reference to the attached drawings in which: 

Figure 1 is a perspective of the digital multi-media device of the present invention. 

Figure 2 is a functional block diagram of the present invention. 

Figure 3 is a block diagram of the automatic composer of the present invention. 

Figure 4 is a block diagram showing one structure for summing outputs in the present 
10 invention. 

Figure 5 is a block diagram showing another structure for summing outputs in the present 
invention. 

Figure 6 is a block diagram showing a first variant of the diagram of Figure 3. 
H: Figure 7 is a block diagram showing a second variant of the diagram of Figure 3. 

W 5 Figure 8 is a block diagram of another embodiment of the automatic composer of the 

U present invention. 

^ Figure 9 is a block diagram of a variation of the present invention, 

jf; Figure 10 is a block diagram of another aspect of the present invention. 

y* Figure 1 1 is a block diagram of an additional aspect of the present invention. 

f^20 Figure 12 is a block diagram of yet another aspect of the present invention. 
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Detailed Description of the Preferred Embodiments 

The present invention will be described in greater detail with reference to certain 
preferred and alternative embodiments. As described below, refinements and substitutions of the 
5 various embodiments are possible based on the principles and teachings herein. 

The invention disclosed herein is an interactive digital music player that allows one or 
more users to listen to, compose, and interact with music in any environment. The device is a 
hand-held digital music player that offers numerous unique features that, until now, have not 
existed in a single music product. One of the many features, the Electronic DJ (e-DJ) 

10 automatically composes and plays in real-time music in a multitude of genres (such as a dance or 
techno), which can be mixed with user-supplied voice samples. The e-DJ offers a unique 
interactive way of playing with music. At any moment, the user can take the control of the music 
played by the e-DJ via an attractive interface (joystick, graphical display). The user can change 
the music patterns played by various instruments, change the relative level, apply effects, play 

1 5 pre-recorded samples, etc. 

Further, the disclosed device allows the user to listen to, create, download, store, and 
interact with music, and includes an FM radio receiver. Users can listen to both compressed 
audio and MIDI karaoke music files, store music on a plug-in SmartMedia memory card (SSFDC 
storage device), and carry the unit to any location for playing. The device is capable of storing 

20 more than 1000 MIDI karaoke-file songs on a 64MB smart media memory card and it can 

provide over 120 minutes of digital music play time. In addition, the disclosed device is able to 
create music files, accept music files created by the user, download music from the Internet via a 
PC, take a music transferred from a PC, or, accept music added from any other smart media 
memory card. When connected to a docking station, the device offers additional features like 

25 insertion of Karaoke lyrics in a video source for display on a TV screen, MIDI PC connection or 
remote control. 

Figure 1 shows the device 10 and its docking station 1 1. A number of cables 12 are 
shown for connection to a number of ports (not shown) situated at the rear of the docking station 
11. The device 10 as shown has a group of controls 13, including buttons, knobs, jacks, etc. and 
30 a display 14 on its front surface. A connector within a slot 16 is shown on the device that is 
configured to mate with a connector (not shown) on a rear surface of a base 17 on the docking 
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or sound samples that can be recorded with a built in microphone or obtained from the FM radio 
receiver or any other source. The samples are obtained through the use of a high quality audio 
compression circuit 24 and are stored in the SmartMedia memory section 19. The controls 13 on 
the face of the DMM (Figure 1) provide for introducing the sound effects such as wobbler, 
5 dobbler, etc. and can be applied at a user's will during playback of the recorded samples. 

Additionally the controls allow the user to take even more control over the musical content by 
selecting relative volume of an instrument or a group of instruments in a fashion normally only 
possible through the use of a mixing table. The sound of a particular instrument may be altered 
using filters and also may be saved to be later played over again and even to be edited later. 
10 Controls 13 are intuitive using traditional player keys while the graphical display of 14 provides 
visual feedback in real time of the action the user is undertaking with the musical content. As a 

p result users with no special musical education or skill are able to alter and compose music to 

rf their own designs. 

O Audio compression circuit 24 preferably is a circuit based on a speech compression 

y 1 5 algorithm using, for example, adaptive differential pulse coded modulation (ADPCM) that can be 
^ applied to a useful portion of the recording. As is known in the art, techniques such as PCM and 
s ADPCM provide methods of compression of analog data that has been sampled and digitized, 

p typically in which the samples have been digitized, and difference between samples are 
: ; stored/sent (rather than the samples themselves), or with adaptive techniques a predicted 
O 20 sample/sample difference is computed, and what is stored/transmitted is the difference between 
the predicted value and the actual value, etc. Such compression techniques are known in the art 
and used, for example, in various telephony-type systems. 

A built in microphone (not shown) in the DMM is used for Karaoke and DJ functions. 
Further, it is used with a music synthesizer 26 to provide for audio mixing and other audio sound 
25 effects. The synthesizer 26 provides a MIDI interface whereby, due to the small size of a MIDI 
file, a large number of songs may be made to fit in the flash memory 19 containing the 
SmartMedia cards. The SmartMedia Flash memory provides for storage of compressed 
digital/audio MIDI/Karaoke files and voice samples. This is currently the most compact Flash 
Memory form available. The digital nature of the MIDI files allows tempo and pitch of music to 
30 be dynamically adapted to the users requirements. Moreover, when a singer's voice is taken 
from the built in microphone within the DMM and mixed with synthesized or stored sound 
DBT001/APLN 7 
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or EPROM memory can store the microprocessor program and the music database in memory 37 
used by the automatic composition device. However, a greater flexibility will be granted by non- 
volatile memories: RAM memory saved by a disposable or rechargeable battery, or Flash 
EEPROM memory (electrically erasable). The non-volatile memory can be used at the very least 
5 to store the sound samples in memory 38, so that they are saved when the invention is powered 
off. It can also be used to store the music database in memory 37 for use by the automatic 
composition device, as well as a microprocessor operating program. This permits easy update of 
the music database and the microprocessor operating program by means of downloading updates. 
The summing of output signal M2 of the synthesizer and of sound sample signal S2 is 

10 obtained using various methods and circuitry described as follows. 

In a first scheme for performing the summing of M2 and S2 (Figure 4), output signal M2 
of synthesizer 39, which is a digital signal, is converted to an audio signal MA2 by digital to 
analog converter 42. Sound sample signal S2 generated by processor 36, which is also a digital 
signal, is separately converted to an audio signal SA2 by a second digital to analog converter 43. 

1 5 Then audio signals MA2 and S A2 are summed by analog adder 44 to deliver an audio output 
signal MA3. The analog adder 44 can consist of an operational amplifier mounted in an adder 
configuration. 

In a second manner of performing the summing of M2 and S2 (Figure 5), output signal 
M2 of synthesizer 39 and sound sample signals S2 generated by processor 36 are added by 
20 digital adder 46 to form a combined digital signal M3. This digital signal is then converted to an 
audio signal MA3 by a digital to analog converter 47. While this manner of performing the 
summing requires only one digital to analog converter 47, it nevertheless requires a digital adder 
46. 

In a variant of the second manner of performing the summing of M2 and S2 (Figure 6), 
25 output M2 of synthesizer 39 is sent back to processor 36, which then performs by itself the 
summing of digital signals M2 and S2 (in this variant, signal S2 only exists in a virtual form in 
the processor). Thus, the processor delivers directly on output M3 the compound digital signal, 
which is converted to an audio signal MA3 by digital to analog converter 47. This variant 
requires only one digital to analog converter and does not require a specific digital adder circuit, 
30 but conversely it requires an additional input on the processor to read the output of the 
synthesizer. 
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In a second variant of the second manner of performing the summing of M2 and S2 
(Figure 7), which is applicable to the case where synthesizer 39 itself comprises a processor 
(microprocessor and/or digital signal processor), the summing of digital signals M2 and S2 can 
be performed by the synthesizer modified for this purpose. Indeed, either the synthesizer has an 
5 additional input to read signal S2 as shown in Figure 7, or signals Ml and S2 are multiplexed on 
a singie input of the synthesizer (variant not shown on a figure). In the latter case, if a MIDI 
standard protocol is used, the multiplexing of signals Ml and S2 will be made much easier by 
putting the information relevant to sound sample signals S2 in "System Exclusive" MIDI 
messages. Thus, the synthesizer performs internally the summing of signals M2 and S2 (in this 

10 variant, signal M2 only exists in a virtual form in the synthesizer) and delivers directly on output 
M3 the compound digital signal, which is converted to an audio signal MA3 by digital to analog 
converter 47. This second variant also requires only one digital to analog converter and does not 
require a specific digital adder circuit, but conversely, compared with a standard synthesizer 
circuit, it requires a modification of the synthesizer to read and add sound sample signals S2. 

1 5 In another preferred embodiment of the invention, applicable to the case where 

synthesizer 39 itself comprises a processor, memory 38 for storing sound samples is linked to 
synthesizer 39 instead of processor 36. Given that synthesizer 39 already possesses a memory 
that contains instrumental sounds that are used as basic units for music synthesis, a variant of this 
embodiment consists in storing the two types of sounds, i.e., the basic instrumental sounds and 

20 the sound samples, in a sounds memory 48 as shown in Figure 8. In this embodiment, the 

summing of digital signals M2 and S2 is naturally performed by the synthesizer, according to the 
same process as described for the variant of Figure 7. Thus, the program executed by the 
processor of the synthesizer 39 is modified to permit these new operations (storing sound 
samples and summing them with instrumental sounds). The program modifications performed 

25 by the processor of the synthesizer can be minimized by organizing the program in such a way 
that the synthesizer processes sound samples as a special case of basic instrumental sounds; for 
example, as by assigning a MIDI channel to the sound samples or as an alternative by defining 
the sound samples as special notes of a percussion type instrument. 

In a preferred embodiment of the invention, the invention allows a user to record sound 

30 samples with a microphone via commands that permit the user to start and stop a recording. An 
internal microphone and/or an external microphone input is required. As seen in Figure 9, a 
DBT001/APLN 11 



microphone 49 provides an output SI Al connected to the input of preamplifier 5 1 . An analog to 
digital converter 52 converts the microphone signal S1A1 to digital sample signals SI2. The 
sample signals are read by processor 36 and stored either in its memory 38, or, in the case of the 
embodiment of Figures 7 and 8, in the memory contained within the synthesizer 39. The 
5 memory may be RAM or flash as indicated previously. 

Various processes may optionally be used to reduce the memory requirements to store the 
samples. The following examples are not limiting: 

(a) once the recording is over, the silent periods which precede and follow the useful 
portion of the recording can be eliminated automatically; 
10 (b) a speech compression algorithm such as Adaptive Differential Pulse Coded 

Modulation (ADPCM) 24 can then be applied to the useful portion of the recording, 
p In the process of automatic composition of music, the processor can treat the sound 

rf sample signals as a special case of a musical instrument. Thus, the association of sound sample 
fc J3 signals with the notes sent by the instruments is an integral part of the automatic composition 
hj 1 5 process. The processor then extracts information from the available pool of sound samples in the 

same way as from the music database. 
: However, the processing of sound samples has certain features. First of all, the invention 

D is not restricted to using sound samples that have been pre-recorded for a given type of 
rj instrument, but also envisions using sound samples that have been recorded freely by the user. In 
20 addition to some special effects that will be described later, the processing of sound samples 
consists of selecting a sample in the pool of available samples according to a pseudo-random 
sequence, then selecting the moment to start playing the sample, taking into account the melody 
that the processor is simultaneously composing, in such a way that the sample starts at the 
beginning of a musical bar, or in specific cases at another moment that is governed by certain 
25 musical laws (which may depend on the music style). The sound sample can then be played 
either in its entirety or in part, and it can be repeated or not repeated. 

Furthermore, the sound samples may be modified to include various special effects 
depending on the style of music created by the automatic composition device. To quote only a 
few of such special effects: echo addition, vibrato, distortion, frequency modulation, various 
30 filtering processes to shape the sound spectrum, etc. 
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One aspect of the current invention relates to a system such as described above that also 
may include, or be included in, an automatic soundtrack generator that operates to merge an 
independent sound track with a video sequence during recording or playback of the sequence 
(aspects of the other embodiments described herein could be used to record or playback desired 
5 audio tracks in conjunction with video that being recorded and/or played back, etc.). Figure 10 
represents a system in block diagram form showing an external video input 53 providing a signal 
VI to a video and sound recording module 56 connected to store the signal VI on storage unit 58 
such as a tape or a digital memory. The storage unit is connected to a video and sound playback 
module 61 that produces an output V2 connected to a video output module 62 and an audio 
10 output A2 connected to a sound generation module 57. Items 56, 58, 61 and 62 are generally 
contained in a commonly known camcorder device. The camcorder device also includes an 
n external sound input element 54, such as a microphone, producing an audio output Al . Output 
~ Al is also connected to sound generation module 57. A control module 59, shown connected to 
*0 items 56, 58, 61 and 57 in Figure 10, selects sounds generated by sound generation module 57 to 
ui 15 produce output S2 providing audio output 63. 

\I According to the functional diagram of Figure 1 1, the invention can typically be 

- embodied by a module that generates music or other sounds and which comprises essentially 
Q processor 36, memory 37 containing the music database of the automatic composition device, 
L z musical synthesizer 39, memory 38 storing the sound samples for the musical synthesizer, a 
y 20 digital to analog conversion circuit 43, a summation circuit 58 and a memory 43, internal or 

external to the invention, containing a library of digitized musical files. The memory elements 
37, 38 and 42 can be made of one or several distinct physical components. Processor 36 is able 
to select, according to certain criteria that are pre-defined or defined by a user, musical files out 
of the library in memory 42, or is able to compose automatically a melody out of the database 
25 stored in memory 37, with an automatic composition algorithm. The output signal S3 of the 
synthesizer, after digital to analog conversion in converter 43, delivers an analog signal A3 
which can optionally be mixed with the recorded audio A2 or with the external audio input Al in 
summation circuit 58 to deliver the mixed complete audio signal S1/S2. This mixed audio signal 
S1/S2, which forms the output of the invention, can then be used as a sound source at 
30 video/audio record time (real time) (S 1) or at play back time (time shifted) (S2). As a result 
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prerecording of movie soundtracks, for example, is unnecessary. A simple way is provided for a 
user to change sound content, pitch, etc. for implementation in a video soundtrack. 

In a preferred embodiment of the invention, the processor 36 is made of a microprocessor 
or microcontroller linked to one or several memories. A RAM memory (volatile memory) can 
5 serve as the working memory of the microprocessor, whereas a ROM or EPROM memory can 
store the microprocessor program and the music database 37 of the automatic composition 
device. However, a greater flexibility will be granted by non-volatile memories: RAM memory 
saved by a disposable or rechargeable battery, or Flash EEPROM memory (electrically erasable). 
The non- volatile memory can be used to store the music database 37 of the automatic 
10 composition device and the digitized musical files of the library in sound samples memory 38, as 
well as the microprocessor program. This permits easy update for the music database and the 
j=! microprocessor program. 

™ The synthesizer 39 and the microprocessor 36 of Figure 1 1 cooperate to select banks of 

%0 sound samples according to predetermined processor instructions to provide the synthesizer 
ut 1 5 output S3. The sound sample banks contain sounds in digital form of predetermined instruments. 
^ The processor 36 can also be used to select the sound source or sources described above. 

s Furthermore, the processor can be used to select commands which permit activation functions 

p such as playing a recording, selecting and mixing an audio source, or controlling any other 
H functions that are commonly found in video recorder based equipment. This combines the 
O 20 functions of blocks 57 and 59 of Figure 10. 

According to another feature of the present invention, a device is provided that simulates 
a radio station including a player of musical pieces, either recorded and digitized or synthesized. 
According to the functional diagram of Figure 12, a typical embodiment of the invention 
comprises essentially a processor 36, a memory 37 containing a music database for use by an 
25 automatic composition algorithm, a memory 38 storing the sound samples, a musical synthesizer 
39, a summation and digital to analog conversion circuit 43, a radio receiver 64 and a memory 
42, internal or external to the invention, containing a library of digitized musical files, wherein 
these elements are interconnected as shown. The memory elements 37, 38 and 42 can be made 
of one component or several physically distinct components. Processor 36 is in communication 
30 with the memory elements and is able to select, according to certain criteria, musical files out of 
the library of musical files or is able to compose automatically, according' to the automatic 
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composition algorithm, a melody out of the database stored in memory 37. The automatic 
composition algorithm also utilizes the sound samples stored in memory 38, which may include 
some speech sentences, in such a way that processor 36 delivers in synchronism on its outputs a 
control signal Ml connected to synthesizer 39 and a sound sample control signal S2. Output 

5 signal M2 of the synthesizer and sound sample control signal S2 are then summed and converted 
to analog form in circuit 43 that provides the complete audio signal MA3 for connection to a 
speaker or speakers (not shown). In a similar way, the output of radio receiver 64 can be mixed 
upstream, as a digital signal, or downstream, as an analog signal, of circuit 43 to add a 
supplementary sound source to the complete audio signal MA3. The audio signal MA3 forms 

10 the output of the invention that can then be played by the aforementioned speakers in a stereo 
system. 

In a preferred embodiment of the invention, the processor is made of a microprocessor or 
microcontroller linked to one or several memories. A RAM memory (volatile memory) can 
serve as the working memory of the microprocessor and can be used to store the sound samples 

15 38, whereas a ROM or EPROM memory can store the microprocessor program and the music 
database 37 used by the automatic composition algorithm. However, a greater flexibility will be 
granted by non- volatile memories: RAM memory saved by a disposable or rechargeable battery, 
or Flash EEPROM memory (electrically erasable). The non-volatile memory can be used at the 
very least to store the sound samples in memory 38, so that they are saved when the invention is 

20 powered off. It can also be used to store the music database in memory 37 for use by the 
automatic composition algorithm, the digitized musical files of the library 42, as well as a 
microprocessor operating program. This permits easy update of the music database and the 
microprocessor operating program by means of downloading updates. 

Processor 36 can also be used to select the sound source or sources, including radio 

25 receiver 64 or one of the sources in memories 37, 38 and 42 described above. It can also be used 
to select one of a number of preset radio stations, including either actual radio stations or illusory 
radio stations. Illusory stations in reality play sound samples and musical pieces that have been 
stored in digital form or that are composed automatically as described herein. Moreover, a sound 
input device, such as a microphone 66, is useful to input voice signals, encoded in memory, to be 

30 used in construction of illusory radio station sound patterns. 
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The controls 13 to which reference was made in Figure 1 include a joystick and a number 
of direct access keys to simplify entry into various interactive modes by users of the DMM 
device of the present invention. Certain operating sequences for specific interactive modes will 
now be described. 

5 To enter Electronic-DJ, press the [e-DJ] direct access key. The LCD will display "E-DJ" 

in the status line and a selection of music styles is proposed: Techno, Dance, Hip-Hop, etc. 
To select the desired style, use Joystick Up/Down 

To start playing auto-composed music of the selected style, press the play/pause key. the 
LCD will display the music I-way screen representing six instrument lanes: Drums, Bass, Riff, 
1 0 Lead, Samples and Microphone. The screen is animated with sound waves or pulses 
synchronized with music beats. 
f*s To change music tempo, press Pitch/Tempo key together with joystick left to speed up or 

5* right to slow down. 

yQ To change music pitch, press Pitch/Tempo key together with joystick left to speed up or 

h 1 1 5 right to slow down. 

\1 To change music pitch, press Pitch/Tempo key together with joystick up to higher the 

* pitch or down to lower it. 

q Press play/pause to pause the music. 

rj Press stop to stop the music and go back to style selection screen. 

Q 20 Press forward to start a new song. 

Press backward to restart the current song. 

Press Save/Edit key to save the current song as a user song on the SmartMedia card. 
To select a specific lane, use joystick left/right. 
The image on the screen will shift left or right and present the I-way seen from the new lane. 
25 To change the relative volume of the current lane, press Effects key together with the 

joystick up or down. 

To change the reverb on the current lane, press Effects key together with the joystick left 
or right. 

To enter the Underground mode for the current lane and loop the current sequence, press 
30 joystick down. 
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The transition to music tunnel is marked by a screen animation and the under ground 
mode is entered for the selected instrument or sound source (sample or microphone). The U- 
ground screen shows the inside of a tunnel with sound waves on both sides and beat pulses 
coming towards the user. The shape of the far side of the tunnel is modified with the sound 
5 effect applied. 

The music will loop as long as the user remains in the Underground mode. 
In instrument tunnels (Drums, Bass, Riff and Lead): 

Use Joystick right to select a new music pattern. Use joystick left to come back to 
previous patterns. 
10 Press Joystick up to go back to music I-way. 

To change the cutoff frequency of the filter on the current instrument, press Effects key 
together with joystick up or down. 

To change the resonance of the filter on the current instrument, press Effects key together 
with joystick left or right. 
1 5 Press stop to mute the instrument. 

Press play/pause to un-mute the instrument. 
In the sample tunnel: 

Use Joystick left/right to select a sample. 

Press Joystick up to go back to music I-way. 
20 To change the sample volume, press Effects key together with joystick up or down. 

To choose a different sample effect, press Effects key together with joystick left or right. 

Press play/pause to play the sample. If sample playback had been previously disabled 
(see below), the first press on play/pause will re-enable it. Following presses will play the 
selected sample. 

25 Pressing stop will disable the automatic playback of samples by the e-DJ when returning 

to I-way mode. 

In the microphone tunnel: 

Use Joystick left/right to select the active microphone: built-in or docking station. If the 

docking station is not connected, no selection is available. 
30 Press Joystick up to go back to music I-way. 
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To change pitch on the microphone input, press Pitch/Tempo key together with joystick 
up or down. 

To change the microphone volume, press Effects key together with joystick up or down. 
To modify the microphone echo, press Effects key together with joystick left or right. 
Press stop to mute microphone. 
Press play/pause to un-mute the microphone. 

To exit Electronic-DJ mode, choose any other mode by pressing the appropriate direct 
access key. 

Playback of compressed audio and Karaoke is accessible in the "Songs" mode. This 
mode allows to play digitally recorded WMA (MP3) songs, MIDI songs, Karaoke songs and 
User songs saved during an e-DJ session. 

To enter Songs mode, press the [Songs] direct access key. The LCD will display 
"e. Songs" in the status line and a list of available songs or song lists on the SmartMedia card to 
choose from. Song lists are identified by a specific icon. 

To select the desired song or list, use Joystick Up/Down. 

To start the playback of selected song or song list, press the play/pause key. The LCD 
will display the play song screen. The name of the song is scrolling in a banner in the center 
right part of the LCD while the audio output level is materialized by a frame around the name 
which size is changing following the audio level. The status line shows the elapsed time. 

If the song is a Karaoke song, the Lyrics are displayed at the bottom of the LCD. Note: 
if the song is a user song (composed with the e-DJ), the music I-way mode is entered instead of 
the play song mode. 

To change music tempo, press Pitch/Tempo key together with joystick left to speed up or 
right to slow down. 

To change music pitch, press Pitch/Tempo key together with joystick up to higher the 
pitch or down to lower it. 

Press play /pause to pause the music. Press play/pause again to resume playback. 
Press stop to stop the music and go back to song selection screen. 
Press forward to go to next song. 
Press backward to go to previous song. 
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Pressing the Save/Edit key in the song select screen or while a song is playing enters the 
song edit mode. Depending on the type of the song (user song, MIDI or WMA), different 
parameters can be edited. 

Pressing the Save/Edit key in the song select screen while the current item is a song list 
enters the song list edit screen. See "Editing items" below. 

Pressing forward key in the song select screen will create a new song list. 

To exit Songs mode, choose any other mode by pressing the appropriate direct access 

key. 

Playback of compressed audio and Karaoke is accessible in the "Songs" mode. This 
mode allows to play digitally recorded WMA (MP A3) songs, MIDI songs, Karaoke songs and 
User songs saved during an e-DJ session. 

To enter Songs mode, press the [Songs] direct access key. The LCD will display 
"e. Songs" in the status line and a list of available songs or song lists on the SmartMedia card to 
choose from. Song lists are identified by a specific icon. 

To select the desired song or list, use Joystick Up/Down. 

To start the playback of selected song or song list, press the play/pause key. The LCD 
will display the play song screen. The name of the song is scrolling in a banner in the center 
right part of the LCD while the audio output level is materialized by a frame around the name 
which size is changing following the audio level. The status line shows the elapsed time. 

If the song is Karaoke song, the Lyrics are displayed at the bottom of the LCD. Note: if 
the song is a user song (composed with the e-DJ), the music I-way mode is entered instead of the 
play song mode. 

To change music tempo, press Pitch/Tempo key together with joystick left to speed up or 
right to slow down. 

To change music pitch, press Pitch/Tempo key together with joystick up to higher the 
pitch or down to lower it. 

Press play/pause to pause the music. Press play/pause again to resume playback. 
Press stop to stop the music and go back to song selection screen. 
Press forward to go to next song. 
Press backward to go to previous song. 
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Pressing the Save/Edit key in the song select screen or while a song is playing enters the 
song edit mode. Depending on the type of the song (user song, MIDI or WMA), different 
parameters can be edited. 

Pressing the Save/Edit key in the song select screen while the current item is a song list 
5 enters the song list edit screen. See "Editing items" below. 

Pressing forward key in the song select screen will create a new song list. 

To exit Songs mode, choose any other mode by pressing the appropriate direct access 

key. 

In the "playing samples" mode, the user can record or play voice, music or sound 
10 samples. 

To enter Samples mode, press the [Samples] direct access key. The LCD will display 
"e. Samples" in the status line and a list of available samples or sample lists on the SmartMedia 
card to choose from. Sample lists are identified by a specific icon. 

To select the desired sample or list, use Joystick Up/Down. 



^ To change the sample volume, press Effect key together with joystick up/down, 

f To start the playback of the selected sample, press the play/pause key. The LCD will 

p display the play sample screen. The name of the sample is scrolling in a banner in the center 
Lj right part of the LCD while the audio output level is materialized by a frame around the name 
y 20 which size is changing following the audio level. The status line shows the current effect. 

Press stop to stop the sample and go back to sample selection screen. 

Pressing the Save/Edit key in the sample select screen or while a sample is playing enters 
the sample edit mode. 

Pressing the Save/Edit key in the sample select screen while the current item is a sample 
25 list enters the sample list edit screen. See "Editing items" below. 

Pressing forward key in the sample select screen will create a new sample list. 

To exit Sample mode, choose any other mode by pressing the appropriate direct access 

key. 

Recording samples is a simple operation possible in almost any operating mode of the 



To select the desired sound effect, press Effect key together with joystick left/right. 



30 
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Press record and keep record button down to record a sample. Release the record button 
to end the recording. Recording is stopped automatically if the sample duration exceeds 30 
seconds. 

The record source is chosen automatically depending on the operation mode. 
5 While e-DJ is playing (I-way or U-ground modes), the record is inactive. 

If no music is playing, the record source is the active microphone (built-in or 
docking station). 

If music is playing (songs or radio), the record source is a mix of the music and 
the microphone input if not muted. 
10 To enter Virtual radio mode, press the [v-Radio] direct access key. The LCD will display 

"v. Radio" in the status line and a list of available station presets to chose from as well as t 
currently tuned frequency. If no preset has been stored, only the currently tuned frequency is 
displayed. 

To select the desired station, use Joystick Up/Down. 
15 To listen to the selected station, press the play/pause key. The LCD will display the radio 

screen. The name of the radio station (or frequency if it is not a stored preset) is scrolling in a 
banner in the center right part of the LCD. An animation representing radio waves is also 
displayed. The status line shows the tuned frequency. 

Use Joystick left/right to go to previous/next station is in the preset list. 
20 Press play/pause to mute the radio. 

Press stop to go back to station preset selection screen. 

Press forward to tune up. 

Press backward to tune down. 

Pressing the Save/Edit key in the station preset selection screen enters the preset edit 

25 mode. 

Pressing the Save/Edit key while a station is playing will store it in the preset list. 

To exit v. Radio mode, choose any other mode by pressing the appropriate direct access 

key. 

As long as no music is playing and in the v.Radio mode, the microphone settings are made as 
30 follows: 
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To change the pitch on the microphone input, press Pitch/Tempo key together with 
joystick up to increase the pitch or down to lower it. 

To change the microphone volume, press Effects key together with joystick up/down. 
To modify the microphone echo, press Effects key together with joystick left/right. 

5 Reference is also made to co-pending U.S. App. Ser. Nos. and filed on 

even date herewith for "VirtuaA Radio" and "Automatic Soundtrack Generator," both of which 
are incorporated by reference herein and both of which may utilized, alternatively, with 

embodiments of the present inventiVi^ ^ 

Although the invention has been described in conjunction with specific preferred and 
1 0 other embodiments, it is evident that many substitutions, alternatives and variations will be 
apparent to those skilled in the art in light of the foregoing description. Accordingly, the 
invention is intended to embrace all of the alternatives and variations that fall within the spirit 
and scope of the appended claims. For example, it should be understood that, in accordance with 
the various alternative embodiments described herein, various systems, and uses and methods 
jug 1 5 based on such systems, may be obtained. The various refinements and alternative and additional 
\I features also described may be combined to provide additional advantageous combinations and 
s the like in accordance with the present invention. Also as will be understood by those skilled in 

P the art based on the foregoing description, various aspects of the preferred embodiments may be 
H used in various subcombinations to achieve at least certain of the benefits and attributes 
JJ 20 described herein, and such subcombinations also are within the scope of the present invention. 
All such refinements, enhancements and further uses of the present invention are within the 
scope of the present invention. 



DBT001/APLN 



22 



